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1
SOUND SOURCE SEPARATION PROGRAM,
SOUND SOURCE SEPARATION METHOD,
AND SOUND SOURCE SEPARATION
DEVICE

The present application claims priority based on U.S.
Provisional Application No. 62/982,755, filed on Feb. 28,
2020, the contents of which are incorporated herein by
reference.

BACKGROUND OF THE INVENTION
Field of the Invention

The present invention relates to a sound source separation
program, a sound source separation method, and a sound
source separation device.

Description of Related Art

In many cases, signals collected by a microphone include
a mixed signal in which a sound source signal and a noise
signal are mixed. A technique of blind sound source sepa-
ration is known as a method of estimating a sound source
signal for such a mixed signal without prior information
such as a sound source draft. In the blind sound source
separation, a sound source is separated using a demixing
matrix W for a mixed signal. Here, in a case where the
number of sound sources is N and the number of micro-
phones is M, the demixing matrix W is a matrix of N rows
by M columns. Here, an observed signal x is represented by
a product of a sound source s before mixing and a mixing
matrix A. In addition, the demixing matrix W is an inverse
matrix A™" of the mixing matrix A. Examples of a technique
for obtaining the demixing matrix W include independent
component analysis (ICA) and independent vector analysis
(IVA).

Further, as a technique for performing blind sound source
separation, auxiliary function type independent component
analysis (AuxICA; see, for example, N. Ono et al., “Aux-
iliary-function-based independent component analysis for
super-Gaussian sources”, Proc. LVA/ICA, Vol. 6365, No. 6,
pp- 165-172, September 2010) and auxiliary function type
independent vector analysis (AuxIVA; see, for example, N.
Ono, “Stable and fast update rules for independent vector
analysis based on auxiliary function technique”, in Proc.
[EEE WASPAA, New Paltz, NY, USA, October 2011, pp.
189-192) and the like that use an auxiliary function and have
been proposed in recent years.

In AuxIVA, a demixing matrix is estimated by iteratively
minimizing an auxiliary function Q of the following For-
mula (1). Note that, in a mathematical formula, a bold
uppercase letter represents a matrix, a bold lowercase vari-
able represents a vector, and an ordinary lowercase variable
represents a scalar.

F (69)

M
Zw,f} Vigwir — 2210g|det(W/)|
k=1 —

=

Q=

S

In Formula (1), k is an index of a sound source signal, f
is an index representing a frequency, and F is a total number
of frequencies. W=(w,,... w Kf)H is a demixing matrix to be
estimated, M is the number of sound sources (=the number
of microphones), and H is the Hermitian transpose. Further,
Vs a semi-positive definite matrix calculated by a method
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2

different depending on a technique, such as ICA and IVA.
Since it is not easy to minimize Formula (1) with respect to
the demixing matrix W, in AuxIVA, row vectors are updated
one by one by using update formulas of the following
Formulas (2) and (3).

@
(€)

wir & (Wr Vk/)’l e

Wit

Wi Vi

Note that, in Formula (2), ka is shown in the following
Formula (4).

kaﬁ

1 X . [C))
Vig = NZW(%)X/M/»«
=l

Here, e, is a K-dimensional unit vector in which only an
mth element is 1, and the other elements are 0. Here, this
technique is referred to as iterative projection (IP).

SUMMARY OF THE INVENTION

However, in a technique of the related art such as IP, there
is a problem that calculation costs of an inverse matrix
operation in Formula (2) increase as the number of micro-
phones increases.

The present invention is contrived in view of the above-
described problems, and an object thereof is to provide a
sound source separation programi, a sound source separation
method, and a sound source separation device which are
capable of separating sound sources at high speed without
calculating an inverse matrix.

In order to achieve the above-mentioned object, a sound
source separation program according to an aspect of the
present invention causes a computer to acquire an acoustic
signal, convert the acquired acoustic signal from a time
region to a frequency region, and perform sound source
separation on the acoustic signal converted to the frequency
region by performing updating based on elementary row
operation on a demixing matrix to iteratively minimize an
objective function including a quadratic form of a separation
vector and a determinant of the demixing matrix.

Further, in the sound source separation program according
to the aspect of the present invention, the program causes the
computer to perform updating by a conversion formula

based on the elementary row operation of the following
formula for each frequency f and when k=1, ..., M, and
Wi Wiy /!

solve an unknown vector v =(vy, . . ., Vo' (T represents
vector transpose, k is a number of a sound source signal and
is an integer from 1 to the number of microphones M, and
f is an index representing a frequency) using the function,
where W=(w, . .., wa)H is a demixing matrix, H is the
Hermitian transpose, K is the number of sound sources, M
is the number of microphones that collect the acoustic
signal, and K=M.

Further, in the sound source separation program according
to the aspect of the present invention, the program may
cause the computer to perform updating by multiplying the
demixing matrix W, by a matrix in which a kth column is
determined so as to minimize the function and other col-
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umns other than the kth column are unit columns, for each
frequency f and repeat the updating processing to obtain the
demixing matrix W .

Further, in the sound source separation program according
to the aspect of the present invention, the function may be
shown in the following formula,

F

F oM
Q= ZZW}?} Vigwir — 2210g|det(W/)|
F=li=1 =1

the demixing matrix W, may be (w,,. . . w), F may be a
total number of frequencies, H may be the Hermitian trans-
pose, and V,. may be the weighted covariance matrix.

In order to achieve the above-mentioned object, a sound
source separation method according to an aspect of the
present invention includes acquiring an acoustic signal by a
sound collecting unit including a plurality of microphones,
converting the acquired acoustic signal from a time region to
a frequency region by a sound separation unit, and perform-
ing sound separation on the acoustic signal converted to the
frequency region by the sound source separation unit, the
sound separation being performed by performing updating
based on elementary row operation on a demixing matrix to
iteratively minimize an objective function including a qua-
dratic form of a separation vector and a determinant of the
demixing matrix.

In order to achieve the above-mentioned object, a sound
source separation device according to an aspect of the
present invention includes a sound collecting unit that
includes a plurality of microphones that acquire an acoustic
signal, and a sound source separation unit that converts the
acquired acoustic signal from a time region to a frequency
region, and performs sound source separation on the acous-
tic signal converted to the frequency region by performing
updating based on elementary row operation on a demixing
matrix to iteratively minimize an objective function includ-
ing a quadratic form of a separation vector and a determinant
of the demixing matrix.

According to the present invention, it is possible to
separate sound sources at high speed without calculating an
inverse matrix.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a diagram illustrating an outline of blind sound
source separation processing.

FIG. 2 is a diagram illustrating an example of a configu-
ration of a sound source separation device according to an
embodiment.

FIG. 3 is a diagram illustrating updating according to
elementary row operation.

FIG. 4 is a diagram illustrating an outline of an auxiliary
coefficient method using an auxiliary function.

FIG. 5 is a diagram illustrating an example of an ISS
algorithm of sound source separation according to the
embodiment.

FIG. 6 is a diagram illustrating an IP algorithm according
to a comparative example.

FIG. 7 is a diagram illustrating the efficiency of updating
according to the embodiment.

FIG. 8 is a histogram of a reverberation time of a room
used in a simulation.

FIG. 9 is a diagram illustrating SDR after 10M repeti-
tions.
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FIG. 10 is a diagram illustrating SIR after 10M repeti-
tions.

FIG. 11 is a diagram illustrating an arithmetic operation
for each repetition.

DETAILED DESCRIPTION OF THE
INVENTION

Hereinafter, an embodiment of the present invention will
be described with reference to the drawings.
Outline

First, an outline of an embodiment will be described. FIG.
1 is a diagram illustrating an outline of blind sound source
separation processing. As illustrated in FIG. 1, in blind
sound source separation, a separation sound is separated
from a mixed sound using a separation filter (demixing
matrix) W. In the present embodiment, the calculation of the
demixing matrix W is performed by updating a rank of a
matrix by 1 instead of performing updating for each row
vector. Thereby, in the present embodiment, it is possible to
realize a further increase in the speed of the blind sound
source separation.

Configuration Example of Sound Source Separation Device

Next, a configuration example of a sound source separa-
tion device will be described.

FIG. 2 is a diagram illustrating an example of a configu-
ration of a sound source separation device 1 according to the
present embodiment. As illustrated in FIG. 2, the sound
source separation device 1 includes an acquisition unit 11, a
sound source separation unit 12, and an output unit 13.

The sound source separation unit 12 includes an STFT
unit 121, a separation unit 122, and an inverse STFT unit
123.

Operations of Sound Source Separation Device

Next, operations of the sound source separation device 1
will be described with reference to FIG. 1.

The sound source separation device 1 separates a sound
source signal from a mixed signal collected by a microphone
2 (sound collecting unit). Note that, the microphone 2 is a
microphone array constituted by a plurality of microphones.

The acquisition unit 11 acquires a mixed signal (acoustic
signal) output by the microphone 2. The acquisition unit 11
converts the mixed signal from an analog signal to a digital
signal and outputs the converted signal to the sound source
separation unit 12.

The sound source separation unit 12 may be, for example,
a personal computer, a central processing unit (CPU), a
digital signal processing unit (DSP), an integrated circuit for
a specific application (ASIC), or the like.

The STFT unit 121 converts the mixed signal output by
the acquisition unit 11 from a time region to a frequency
region by short-time Fourier transform.

The separation unit 122 performs sound source separation
by iteratively minimizing an auxiliary function instead of the
demixing matrix W for the mixed signal having been sub-
jected to the short-time Fourier transform. Note that the
auxiliary function, a processing algorithm, and the like will
be described later.

The inverse STFT unit 123 converts a sound source signal
in the frequency region which is separated by the separation
unit 122 from the frequency region to the time region by
inverse short-time Fourier transform.

The output unit 13 outputs the sound source signal
separated by the sound source separation unit 12 to an
external device (for example, a speaker).
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Example of Signal Processing

Next, an example of signal processing in the sound source
separation device will be described.

Note that, in the following example, AuxIVA (auxiliary
function type independent vector analysis) will be described
as an example, but the present invention is not limited
thereto. An update rule of a demixing matrix in the embodi-
ment can also be applied to auxiliary function type inde-
pendent component analysis (AuxICA), independent low-
rank matrix analysis (ILRMA), and the like.

A mixed sound in which K sound sources collected by M
microphones are mixed can be represented as the following
Formula (5). Note that, in the mathematical formulas used in
the embodiment, bold uppercase letters represent matrices,
bold lowercase variables represent vectors, and ordinary
lowercase variables represent scalars.

x ®)
B[] = ) (@mki )]

k=1

In Formula (5), x",,[t] is a signal of an mth microphone,
s"[t] is a kth sound source signal, and a",,[t] is impulse
responses of the microphone signal and the sound source
signal. In addition, a star mark represents a convolution
operation. In a time frequency region, convolution is a
product for each frequency and is as shown in the following
Formula (6).

K 6)

Kmfn = Zamkfskfn
k=1

In Formula (6), X, is obtained by performing short-time
Fourier transform on x",[t], sy, is obtained by performing
short-time Fourier transform on s”[t], and a,,,.[f] is obtained
by performing discrete Fourier transform on a”, [t].
f (=1, ....F)is a discrete frequency bin, and n (=1, . . .,
N) is a frequency index. Note that Formula (6) is an
approximate value that is effective when the Fourier trans-
form is sufficiently longer than the impulse response. When
a microphone signal and a sound source signal at a fre-
quency f are grouped by a vector, the microphone signal can
be represented as a linear mixture of the sound source
signals as shown in the following Formula (7).

X5=ASs (©)
In Formula (7), A, is a mixing matrix according to
(Af)mkzamkf'
The purpose of the independent vector analysis (IVA) is
to obtain a demixing matrix W, (=[w,, . . ., wa]H) in the
following Formula (8).

Y= fofn 8

In Formula (8), yj, is a separation signal. In IVA, it is
assumed that an information source is statistically indepen-
dent, and it is assumed that a distribution of a sound source
signal is a spherical super Gaussian distribution
(P(Se1s - - - » Sprn) TO e_G(\/(Efskfn)), where G is, for example,
a Laplace function G(r)=r or a Cauchy function G(r)=—log
(1+r*/v)). In AuxIVA, a demixing matrix is estimated by
iteratively minimizing the auxiliary function Q in the fol-
lowing Formula (9) under these assumptions.
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F @

M
Zw,f} Vigwir — 2210g|det(W/)|
=) =

=

Q=

S

In other words, Formula (9) is a function consisting of a
quadratic form of a separation vector (first term) and a
determinant of a demixing matrix (second term). Note that,
Formula (9) may include other terms. Further, the second
term in Formula (9) is not limited to a logarithm of the
determinant and may be other forms.

Further, in Formula (9), V,, is shown in the following
Formula (10).

1 X (10
Vig = FZW(M)X/M%
=l

Further, in Formula (10), ©(r) is a non-linear function
determined depending on a sound source model, for
example, @(r)=1/r. Further, r,,, is shown in the following
Formula (11):

F
= | il
/=1

In AuxIVA and the like of the related art, row vectors are
updated one by one by using the following Formulas (12)
and (13). In the following description, such a technique is
referred to as iterative projection (IP).

an

wir < WV e 12

W

4 'W; Vk/wk/

In such an IP method, calculation costs of an inverse
matrix operation in Formula (12) increase as the number of
microphones increases.

ISS Technique of the Present Embodiment

Next, a technique of the present embodiment will be
described. Note that the technique of the present embodi-
ment is also referred to as iterative source steering (ISS).

In the present embodiment, instead of updating the
demixing matrix W for each row vector, the demixing matrix
W is obtained by performing updating based elementary row
operation as in the following Formula (14). Note that, in the
updating based on the elementary row operation, processing
is repeated for each frequency f and when k=1, ..., M.

wy a3)

W Wy, (14)

In Formula (14), v (=(Vigp - - -, VMkf)T (T represents
transpose)) is an unknown vector to be calculated.

FIG. 3 is a diagram illustrating updating according to
elementary row operation. A region indicated by g101 is a
diagram illustrating updating according to an ISS technique
of the present embodiment. In the embodiment, updating
according to elementary row operation is performed by
multiplying a demixing matrix W, (g103) by a matrix, which
is a diagonal matrix (g102), from the left except for a kth
column (g103).
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A region indicated by gll1 is a diagram illustrating
updating according to an IP technique of the related art. In
the IP technique of the related art, a kth row (g113) of the
demixing matrix is updated.

The calculation of the unknown vector vu in Formula (14)
can be performed by finding vu for minimizing an auxiliary
function Q(v,,) in the following Formula (15).

F (15)
Ovir) = —2210g| det (W/ - vk/wf/)| +
=1

F M
D D0 = i) Vg (s = i)
f=lm=1

When f is omitted in Formula (15), the following Formula
(16) is obtained.

M (16)
Ow) = Z (Wi — v’;,lkwk)H Vs Wi — Vi) =2 10g|det (W - vkw,f])|

m=1

In Formula (16), V,, is shown in the following Formula
(17).

¥ an
_ H
Vi = NZIw(rmmnxn

In Formulas (15) and (16), an asterisk * represents a
complex conjugate.

Note that, the auxiliary function Q can be divided into
contributions for each frequency f, and thus a frequency
index f is omitted in the following description. This mini-
mization problem (the following Formula (18)) can be
solved as in the following Formula (19). Note that C in
Formula (18) is a set of all complex numbers.

v = [Vik, ..., v ]” = arg min Q) as)
veCM
wZ VWi . 19)
= ifm+k
Vo = Wi VWi

1
1-(wiv,w) 2 Em=k

In a case where f is not omitted, the following Formula
(20) is obtained.

H
WV (20)
H
Vot = Wi Ve Wig

1
L= (Wl Vi) 2 if m=k

Here, when a theorem regarding a determinant of a matrix
is applied, the following Formula (21) is obtained.

det(W—v,w,)det(W)(1—e,"v,) @n

When a constant term is omitted in Formula (16), the
auxiliary function Q can be simplified as in the following
Formula (22).
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=2log |1 — vyl + Z(wm/ - v’;,lkwk)HVm(wm — VW) (22)

When a complex differential is taken for v*,,, the fol-
lowing Formula (23) is obtained.

if m#k 23

90

—wZ Viewg + vmkwf Vinwi
vy

— - —vkk)wkawk ifm=k
1= (i)

A desired result is obtained by equalizing Formula (23) to
zero. This updating formula does not include an inverse
matrix operation. In addition, when focusing on y,,=w" x,,,
an amount required for updating is only the following
Formulas (24) and (25). Note that ¢(r,,,) is a non-linear
function determined depending on a sound source model.

WV = w3 @trim ol o @9

1
= FZW O o) Yo Vi

1 @)
Wi Vi = 2 37 ermlyial’

In a case where f is not omitted in Formulas (24) and (25),
the following Formulas (26) and (27) are obtained.

1 . ©6)
WZ/ Vigwir = v Zn Cn) Vg Viens

1 @n
Wz Vigwir = an @) yagl?

In the present embodiment, it is possible to efficiently
perform calculation as shown in the right side of Formulas
(24) and (25) without obtaining all of the elements of V,,.
Further, since y,, is required for the calculation of the right
side, it is only required that the following Formula (28) is
updated in the present embodiment.

VoW, Nx =y, vy, (28)

In a case where f is not omitted in Formula (28), the
following Formula (29) is obtained.

ynf<—(Wf_kakaH)xnf:ynf_kayknf 29)

Since these amounts are required for m and each requires
N arithmetic operations, a total degree of complexity for
each updating is O (MN). Note that, in every K updates, all
of V, are required, and all demodulation filters need to be
changed. On the other hand, in the present embodiment, it is
sufficient to update r,,, only once for each iteration.

Here, an outline of an auxiliary coefficient method using
an auxiliary function is described.

Here, a minimization problem for a function J(8)
(J(8)—min) will be described as an example. An objective
function and an auxiliary function satisfy a relationship of
J(6)=min,Q(6, n). From this relationship, a relationship of
the auxiliary function Q(6, n)=the objective function J(0) is
satisfied for any auxiliary variable 1), and there is an auxil-
iary variable f that satisfies J(8)=Q(8, n) for any parameter
0. Further, in the auxiliary function method, auxiliary func-
tions are minimized alternately for the parameter 6 and the
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auxiliary variable 1 by the following Formulas (30) and
(31). Note that k is a positive integer representing an
iterative rank.

7% = arg minQ(9®, 7) (30
7

9%*D = arg min O(6, 7**P) (€19)]
8

FIG. 3 is a diagram illustrating an outline of an auxiliary
coefficient method using an auxiliary function. In FIG. 3, the
horizontal axis is a parameter 0.

Formula (26) is an operation for calculating an auxiliary
function Q(8, n%*") that becomes equal to an objective
function J(8) by the current estimated value 8=0%. In
addition, Formula (27) is an operation for minimizing the
auxiliary function Q (8, n%*V). In addition, iteration pro-
cessing is repeated, and the parameters are updated and
minimized as illustrated in FIG. 3. In this manner, the
auxiliary function method is an algorithm for iteratively
minimizing the auxiliary function Q(8, 1) that satisfies a
relationship of J(8)=min, Q(6, m) instead of the objective
function J(8) (see Junki Ono, “Optimization algorithm based
on auxiliary function technique and its applications to acous-
tic signal processing”, Acoustical Society of Japan, Journal
of Acoustical Society of Japan, Vol. 68, No. 11, 2012, pp.
566-571).

Explanation of Algorithm

Next, an example of an ISS algorithm for sound source
separation of the present embodiment will be described.

FIG. 5 is a diagram illustrating an example of an ISS
algorithm for sound source separation according to the
present embodiment. A mixed signal to be input is assumed
to be x;,, and a separation signal is assumed to be yj,.

The following processing is repeated from 1 to a maxi-
mum value (g201).

\/(Elykfnl)2 is substituted for r,,, for all of k and n.

For k, the processing is repeated from 1 to M (g202).

For f, the following processing is repeated from 1 to F
(g203).

(Zn(p(rmn)ymfnykfn*)/(En(p(rmn)Iykfnlz) is substituted for
Vi (m=other than k), 1—(En(p(rmn)lykfnlz)(_” 2 is substituted
for vy, and yj,—V,¥, is substituted for y, for all of n.

As illustrated in FIG. 4, in the present embodiment, there
is no procedure of calculating an inverse matrix and no
covariance matrix. A calculation amount is O(FM*N)/itera-
tion.

Comparative Example; [P Algorithm

Here, a processing example using the [P algorithm
described above will be described.

FIG. 6 is a diagram illustrating an IP algorithm according
to a comparative example.

The following processing is repeated from 1 to a maxi-
mum value (g901).

\/(Elykfnl)2 is substituted for r,,, for all of k and n.

For k, the processing is repeated from 1 to M (g902).

For f, the following processing is repeated from 1 to F
(£903).

N, 0(r,,)x,,x",, is substituted for V., (WV,)7"e, is
substituted for wkf,{wkf/\/ (fondfwkf) is substituted for w,
and Xanka is substituted for y,, for all of n.

Comparison of Calculation Amount Between IP Algorithm
and ISS Algorithm

Comparing FIGS. 5 and 6, an IP algorithm includes
processing for calculating an inverse matrix of a demixing
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matrix W, in the processing of g903. The cost for obtaining
such an inverse matrix is O(M?). In addition, the cost
required to calculate a covariance matrix is O(M>N). A total
computation amount of the IP algorithm is O(FM>N)/itera-
tion.

FIG. 7 is a diagram illustrating the efficiency of updating
in the present embodiment.

In AuxIVA-IP, a row of a demixing matrix W is updated.
On the other hand, in the ISS algorithm of the present
embodiment, a column of a mixing matrix, that is, a kth
steering vector of A=W~ is updated. In the updating, for
example, a Sherman-Morrison technique is used to obtain an
approximate inverse matrix. Updating of Formula (14) to
W=A"" is equivalent. Processing for changing the kth steer-
ing vector by the same amount is performed as in, for
example, the following Formula (32). Note that the mixing
matrix A=[a;, . . ., a,,] is in accordance with a steering
vector of a sound source.

(G2)

dp +u=
1

1
o5
— Vik metk

Note that the vector a,4u is the sum of the vector
1/(1-v,)a, and the vector v,,/(1-v,)a,, obtained by multi-
plying the vector {1/(1-v,)}a,, by v,.. In addition, W=A""
in the Sherman-Morrison formula, and thus Formula (32)
becomes the following Formula (33).

Wu

1+wiu

Wit G

(A+ue,{): W -

By making it the same as Formula (14), it can be seen that
v=Wu(l+w” )" is established.

In Formula (32), the kth steering vector is updated by a
weighted sum of steering vectors of the other sources, and
thereafter, rescaling is performed. A coefficient v,,, when
m=k is a resultant of projection of noise of an mth sound
source estimated value y,, onto a partial space of y,, and is
represented as the following Formula (34).

Vo = 21000 D" )y = V0 G
;

From the nature of o(r), @(r,,,,) decreases when an mth
source becomes active and increases when the mth source
does not become active. Thus, in the present embodiment,
the kth steering vector is modified by an amount propor-
tional to an mth steering vector. Note that, in the present
embodiment, scaling is required to maintain the scale of a
signal during iterative processing.

By this processing, the signal is separated into, for
example, a first signal g311 and another signal g312.

Next, an example of a result of comparison between an [P
algorithm and the ISS algorithm of the present embodiment
will be described.

The amount of arithmetic operation for updating a kth row
of a demixing matrix Win the [P algorithm is controlled by
either a covariance matrix Vi or a linear system. As
described above, the amount of arithmetic operation of the
IP algorithm is O(M?), and the amount of arithmetic opera-
tion of the ISS algorithm is O(M*N).

In the IP algorithm, updating of an Mth row and updating
of an F frequency band are repeated, and thus a total
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calculation amount C,» of one iteration is shown in the
following Formula (35), which is at least O(M™).

Crp=O(FMPmax(M,N)) (35)

In the ISS algorithm, when m, k=1, . . . , M, Formulas (19)
and (21) are calculated for each iteration. Further, the
calculation of r,,, V,, and n has a calculation amount of
O(FMN) for each iteration. Thus, an overall calculation
amount C, ¢ per iteration is shown in the following Formula
(36).

Ciss=O(FMN) (36)

However, a calculation amount of the ISS algorithm
repeatedly uses a single covariance matrix. In addition, a
calculation amount in the case of N=1 as in online process-
ing is a quadratic function of the number of microphones.
Verification Result

Next, results of experiment comparison between the IP
algorithm according to the comparative example and the ISS
algorithm according to the present embodiment will be
described.

First, an experimental environment will be described.

In the experiment, the following simulation was per-
formed using a Python (registered trademark) package.

100 random rectangular rooms with walls between 6 m

and 10 m and a ceiling height between 2.8 m and 4.5
m were used.

A reverberation time Tg,, which is a period of time
required for a sound energy in the room is set to —60 dB, was
set to be in the range of 60 ms to 540 ms.

FIG. 8 is a histogram of a reverberation time of the room
used in the simulation. The horizontal axis is a reverberation
time RT60 ms, and the vertical axis is a frequency kHz.

A sound source and a microphone array were randomly
disposed at a position of at least 50 cm and disposed at a
height between 1 m and 2 m away from the wall. The
microphone array has 10 microphones, has a circular shape
with a radius of 3.2 c¢cm, and an interval between the
microphones is 2 cm.

Regarding a distance between the sound source and the
center of the microphone array, at least a critical distance is
d_,~0.057 (V=T4,) m. V is a volumetric room. A first
microphone uses a unit power obtained by normalizing a
sound source signal.

A definition of SNR=M/c? , is given. 6, is the dispersion
of uncorrelated white noise in the microphone. The SNR
was fixed at 30 dB. Separation was performed on 2, 3, 4, 6,
8, and 10 sound sources.

Note that the number of sound sources is equal to or less
than the number of microphones. A sampling frequency is 16
kHz, and an STFT frame size is 256 ms, which is a half
overlap. A matching window according to a humming win-
dow was used for analysis and composition. In the experi-
ment, the AuxIVA-IP algorithm according to the compara-
tive example and the ISS algorithm according to the present
embodiment were each repeated 10M times (M is the
number of microphones) and separated. After the separation,
the output scale was projected onto the first microphone and
restored.

A signal distortion ratio SDR and a signal-to-interference
ratio SIR were used as evaluation indexes. The SDR and the
SIR were measured before and after separation. FIG. 9 is a
diagram illustrating an SDR after 10M times repetitions.
FIG. 10 is a diagram illustrating an SIR after 10M times
repetitions. In FIGS. 9 and 10, the horizontal axis is the
number of channels, and the vertical axis is an improvement
amount dB. In FIGS. 9 and 10, reference numeral g401
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denotes a result of the AuxIVA-IP algorithm according to the
comparative example, and reference numeral g402 denotes
a result of the ISS algorithm according to the present
embodiment. As illustrated in FIGS. 9 and 10, the result
using the ISS algorithm according to the present embodi-
ment was equivalent to the result using the AuxIVA-IP
algorithm according to the comparative example.

Next, results of comparison between times required for a
separation arithmetic operation will be described.

FIG. 11 is a diagram illustrating an arithmetic operation
performed for each repetition. In FIG. 11, the horizontal axis
is a channel, and the vertical axis is a processing time ms for
each repetition. In FIG. 11, reference numeral g451 denotes
a result of the AuxIVA-IP algorithm according to the com-
parative example, and reference numeral g452 denotes a
result of the ISS algorithm according to the present embodi-
ment. In the experiment, one to 17 sound sources were
confirmed. Note that the simulation was performed on a
workstation equipped with a central processing unit (CPU)
having a clock frequency of 3.3 GHz and 10 cores. The
results of FIG. 11 shows an average execution time of one
repetition.

As illustrated in FIG. 11, in the ISS algorithm according
to the present embodiment, a time required for an arithmetic
operation decreases as the number of sound sources
increases, as compared with the comparative example. That
is, in the ISS algorithm according to the present embodi-
ment, an arithmetic operation cost can be more reduced than
in the AuxIVA-IP algorithm according to the comparative
example.

As described above, in the present embodiment, iterative
source steering for independent vector analysis based on an
auxiliary function method has been introduced for sound
source separation. Decoding vectors are updated alternately
in the AuxIVA-IP algorithm according to the comparative
example, while updating based on elementary row operation
is continuously performed in the algorithm according to the
present embodiment. Thereby, the technique in the present
embodiment can obtain an update rule having no inverse
matrix and a low degree of calculation complexity, can
increase stability and speed, and is ideal for important
practical implementation. In the technique in the present
embodiment, a steering vector of a certain sound source is
updated by an amount proportional to the projection of
residual noise of another sound source into a sound source
partial space.

From simulation results, it was confirmed that the tech-
nique according to the present embodiment was efficient for
sound source separation, and it was confirmed that the
calculation cost could be reduced.

Note that the above-mentioned sound recognition method,
program, and sound recognition device can also be applied
to a sound recognition system, a remote conference system,
a WEB conference system, a smart speaker, a sound input
interface for home appliances, a hearing aid, robot hearing,
and the like.

Note that all or some of processes performed by the sound
source separation unit 12 may be performed by recording a
program for realizing all or some of the functions of the
sound source separation unit 12 in the present invention on
a computer-readable recording medium and causing a com-
puter system to read and execute the program recorded on
the recording medium. Note that it is assumed that the
“computer system” mentioned here includes hardware such
as an OS and peripheral devices. Further, it is assumed that
the “computer system” also includes a WWW system pro-
vided with a homepage providing environment (or display
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environment). In addition, the “computer-readable recording
medium” is a portable medium such as a flexible disk, a
magneto-optical disc, a ROM, or a CD-ROM, and a storage
device such as a hard disk built into the computer system.
Further, it is assumed that the “computer-readable recording
medium” includes a medium that stores a program for a
fixed period of time, such as a volatile memory (RAM)
inside a computer system which serves as a server or a client
when the program is transmitted via a network such as the
Internet or a communication line such as a telephone line.

Further, the above-mentioned program may be transmit-
ted from a computer system in which the program is stored
in a storage device or the like to another computer system
via a transmission medium or by a transmission wave in the
transmission medium. Here, the “transmission medium” for
transmitting the program is a medium having a function of
transmitting information, such as a network (communication
network) such as the Internet or a communication line such
as a telephone line. In addition, the above-mentioned pro-
gram may be for realizing some of the above-mentioned
functions. Further, the above-mentioned program may be a
so-called difference file (difference program) that can realize
the above-mentioned functions in combination with a pro-
gram already recorded in the computer system.

Although a mode for carrying out the present invention
has been described above using the embodiment, the present
invention is not limited to the embodiment, and various
modifications and substitutions can be made without depart-
ing from the scope of the present invention.

EXPLANATION OF REFERENCES

1 Sound source separation device
11 Acquisition unit

12 Sound source separation unit
13 Output unit

121 STFT unit

122 Separation unit

123 Inverse STFT unit

What is claimed is:
1. A computer-readable non-transitory storage medium
storing a sound source separation program that causes a
computer to:
acquire an acoustic signal,
convert the acquired acoustic signal from a time region to
a frequency region, and

perform sound source separation on the acoustic signal
converted to the frequency region by performing updat-
ing based on elementary row operation on a demixing
matrix to iteratively minimize an objective function
including a quadratic form of a separation vector and a
determinant of the demixing matrix,

wherein the program causes the computer to:

perform updating by a conversion formula based on the
elementary row operation of the following formula

for each frequency f and when k=1, . . ., M:
Wa—W v, a0, and
calculate an unknown vector V,=(V,, . . ., Vo) (T

represents vector transpose, k 1s a number of a sound
source signal and is an integer from 1 to the number of
microphones M, and f is an index representing a
frequency) by finding a vector for minimizing the
objective function,

wherein W= (W, .. ., WKf)H is a demixing matrix, H
is the Hermitian transpose, K is the number of sound
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sources, M is the number of microphones that collect
the acoustic signal, and K=M.

2. The computer-readable non-transitory storage medium
according to claim 1, wherein the program causes the
computer to perform updating by multiplying the demixing
matrix W, by a matrix in which a kth column is determined
so as to minimize the function and other columns other than
the kth column are unit columns, for each frequency f and
repeat the updating processing to obtain the demixing matrix

3. The computer-readable non-transitory storage medium
according to claim 1, wherein the function is shown in the
following formula:

F

M
Zw,f} Vigwir — ZZlogldet(W/)l
k=1 —

Q=

=

S

the demixing matrix W,is (W, . . ., WKf)H, F is a total
number of frequencies, H is the Hermitian transpose,
and V. is the weighted covariance matrix.

4. A sound source separation method comprising:

acquiring an acoustic signal by a sound collecting unit
including a plurality of microphones;

converting the acquired acoustic signal from a time region
to a frequency region by a sound separation unit; and

performing sound separation on the acoustic signal con-
verted to the frequency region by the sound source
separation unit, the sound separation being performed
by performing updating based on elementary row
operation on a demixing matrix to iteratively minimize
an objective function including a quadratic form of a
separation vector and a determinant of the demixing
matrix;

wherein the sound source separation method further com-
prises:
performing updating by a conversion formula based on

the elementary row operation of the following for-

mula for each frequency f and when k=1, . .., M:
W—Wrv, a7, and
calculating an unknown vector V= (v, . . ., Vo' (T

represents vector transpose, k is a number of a sound
source signal and is an integer from 1 to the number of
microphones M, and f is an index representing a
frequency) by finding a vector for minimizing the
objective function,

wherein W= (W, . .., WKf)H is a demixing matrix, H
is the Hermitian transpose, K is the number of sound
sources, M is the number of microphones that collect
the acoustic signal, and K=M.

5. A sound source separation device comprising:

a sound collecting unit that includes a plurality of micro-
phones that acquire an acoustic signal; and

a sound source separation unit that converts the acquired
acoustic signal from a time region to a frequency
region, and performs sound source separation on the
acoustic signal converted to the frequency region by
performing updating based on elementary row opera-
tion on a demixing matrix to iteratively minimize an
objective function including a quadratic form of a
separation vector and a determinant of the demixing
matrix;
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wherein the sound source separation unit:
performs updating by a conversion formula based on
the elementary row operation of the following for-
mula for each frequency f and when k=1, . . ., M:
W~ W/—vk/kaH, and
calculates an unknown vector V,=(V,, . . ., Va)© (T
represents vector transpose, k is a number of a sound
source signal and is an integer from 1 to the number of
microphones M, and f is an index representing a 1o
frequency) by finding a vector for minimizing the
objective function,
wherein W=w 5 . . ., WKf)H is a demixing matrix, H is
the Hermitian transpose, K is the number of sound
sources, M is the number of microphones that collect ;5
the acoustic signal, and K=M.
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